An average sound speed profile over a 1000 km section of the northeast Pacific ocean is obtained using Ocean Acoustic Tomography, from data acquired during the 1987 SVLA experiment on a long (900 m) 120 hydrophone vertical acoustic array.
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Introduction
Ocean acoustic tomography is a technique where travel time measurements in the ocean are used to infer ocean properties such as temperature and current velocity.
Large-scale fluctuations of temperature in the ocean affect the weather, climate, ocean circulation and the distribution of marine organisms [1] . Ocean temperature over horizontal distances has traditionally been obtained from point measurements with instruments such as CTDs (conductivity-temperature-depth) and XBTs (expendable bathythermograph). However, point measurements can only sample the ocean at a finite number of locations, the limitation being the cost and effort required to deploy these instruments. Since point measurements of the horizontal variation in sound speed sample the ocean sparsely, they yield aliased versions of the true horizontal spectrum. Additionally, point measurements are difficult to obtain simultaneously in In the 1987 SVLA (Short Vertical Line Array) experiment, multiple transmissions were heard at a 120 hydrophone, 900 m long vertical acoustic array. It is the first experiment in which acoustic time fronts have been observed at long range [3] . In the context of tomography, the expectation that the number and diversity of multipaths would yield high spatial resolution motivates this work. A preliminary thermal map of a 1000 km section of the northeast Pacific ocean is obtained using acoustic tomography, from a small part of the data acquired during the 1987 SVLA experiment. Details of the experiment geometry, navigation, and signal characteristics, are discussed in chapter 1.
The transmitted signal is centered at 80 Hz and phase-modulated by a maximal length sequence. The reception is processed to pulse compress the received signal using a phase-only matched filter. A discussion of the signal decoding, particularly Metzger's Moving Ship Tomography (MST) code, and a brief summary of the properties of m-sequences and their generation are in chapter 2.
In tomography, multipaths are usually identified from ray theory. In chapter 3, we briefly discuss ray theory, the program we use to compute the ray paths and travel times, and illustrate the identification.
In chapter 4, we discuss the inversion of the identified arrivals for a range-independent sound speed estimate, using Cornuelle's three-dimensional inverse routines. Estimates of source and receiver position are also obtained. We present and discuss the estimates at the end of the chapter.
Chapter 1
Description of experiment
Experiment geometry and navigation
A vertical 900 m long acoustic array was deployed from the research platform FLIP in the northeast Pacific during September, 1987. The geographical region in which the experiment was performed is shown in figure 1-1 [3) . The 120 array elements were spaced at 7.5 m, with the top element at 400 m depth (figure 1-2). The source, at 1000 km range, was suspended at 150 min the deep ocean (5000 m).
Source and receiving array navigation was done using near-bottom acoustic transponders. The reference position of the source was determined from the GPS position of the Research Vessel Desteiguer, from which the source was suspended. Here, only GPS data are used to determine source position. The accuracy of the source position (x-y) is 50 m [3) . We use the nominal150 m source depth which is accurate to a few meters.
The reference position of FLIP was determined from the GPS position of a ship close by. The navigation data available gave the position of FLIP to an accuracy of 1500 m and the array never drifted more than 30 m away from FLIP. The array position (x-y) is known to 2.5 m (rms) relative to FLIP. We use 1500 mas the overall uncertainty in array position. Because the array is known not to tilt beyond 2°, we assume that it remains vertical. The array element depth is known to 1.5 m (rms).
For this preliminary work, we used only receptions at the top (439 m), middle (888 
RIP FLIP
Geometry of experiment. Taken from Sparrock [9) . ~ -2500 -2500
-3000 -3000
-3500 -3500
-4000 -4000 Various environmental data were collected during the experiment, the most accurate being the conductivity-temperature-depth (CTD) profiles [3] . The CTD profiles were initially sampled densely. They were smoothed using a half meter half-width cosine squared window and resampled at 1m spacing [3] . The Chen-Millero algorithm [24] was used to convert the CTD measurements to sound speed profiles. Figure 1-3 shows a plot of the range-averaged sound speed profile obtained from CTD measurements along the experimental section. The climatological profile, used as the reference for the inverse, and discussed later in this work , is also shown.
The transmitted signal:
Nine Since all the operations are additions and subtractions, the real and imaginary parts are processed separately. That is, for each stream, a correlation is done for the real part and another for the imaginary part and the results combined.
If Doppler correction is to be done, a time expansion or compression is performed after the demodulation, followed by a linear interpolation. Doing the Doppler expansion at this point reduces error as the demodulated signal is varying much less rapidly.
It is also necessary to account for the fact that the demodulation frequency used was incorrect. A time expansion rather than a simple frequency shift is needed because our signal is broadband. MST will search over a specified range of velocities to find the Doppler shift that yields the highest peak. Figure 2 -lA shows the processed result for the reception at one hydrophone.
Maximal length sequences
Maximal length sequences (m-sequences), although deterministic, possess statistical properties similar to a series of Bernoulli trials with the two states being equally likely [10] . [13] . References [10] and [9] discuss the theory behind m-sequences and their generation.
The contents of the registers may be initialized in any state (set of register values) except for the all zero state (in which the register would be trapped). In the SVLA experiment the initialization was 10000000 with the 1 in the leftmost register of figure 2-2.
The output can be taken from the output of any of the delay elements because each delay element contains delayed forms of the same m-sequence [10] . In fig ure 2-2, we take the output from the right-most delay element. These output values are then mapped so that 1 becomes -1 and 0 becomes +1. This output sequence is labeled bi .
The output sequence is periodic every 255 = 2 8 -1 digits. Because the generator goes through all possible states (except the all zero state) before repeating, the sequence is referred to as being of maximal length. Of particular relevance in the experiment is the two-level autocorrelation function of m-sequences. This is a property associated with white noise. Defining the msequence values as bi, the sequence length as P (= 255 here), the autocorrelation function can be shown to be (10] ,
Notice that that the autocorrelation is not zero at 0 < k < Pas it would be for white noise. This offset is referred to as the de error term and has to be corrected for (7] .
Chapter 3
Ray tracing and multipath identification
Ray Tracing
Ocean sound speed increases with pressure, temperature and, to a much smaller extent, salinity (ocean currents also affect travel times to an even smaller extent).
Sound speed profiles at mid-latitudes typically have high sound speeds near the surface , decreasing with depth because the influence of atmospheric heating decreases with depth. At greater depths the increasing pressure becomes dominant so that sound speed begins to increase with depth. The channel thus typically exhibits a sound speed minimum which, in our case, is at about 700 m (see figure 1-3) . Close to the surface the profile is more structured due to processes such as surface-waveinduced mixing, mixing due to ocean currents and eddies.
Sound propagation through the ocean is described by the acoustic wave equation,
where pis the acoustic pressure, c = c(x, z) is the sound speed, and tis time. When the speed of sound does not vary rapidly over distances comparable to a wavelength [18] , that is, at high frequencies, the solution to the wave equation can often be described by ray theory. Rays can be shown to obey Snell's law,
Here, <P is the angle the ray element makes with the horizontal and c( z) is the vertically varying sound-speed. A useful result for the computation of ray paths is that within a linear c(z) the ray is a circular arc (18] .
We expect that at 80 Hz, acoustic travel times will be reasonably well modeled by ray theory [25] .
Due to the distinct minimum in the sound channel, sound is trapped in the chan~el and ray paths form loops going from the source to the receiver. Because of the large distance (1000 km) between source and receiving array in this experiment, we do not expect bottom interacting rays to be heard at the array and we therefore do not trace them. the amplitudes predicted by the ray trace differ from the amplitudes of the reception. In their seminal paper, Munk and Wunsch (2] showed that ocean acoustic tomography is a nonlinear problem because ray paths depend on the sound speed field
[1]. However, the tomographic inversion may be initialized from an estimate of ra.ys traced through the time independent sound speed component of the sound speed field [1, 14, 15, 16] .
In this thesis, the tomographic inversion is initialized by tracing rays through a.
range-independent sound speed profile. In obtaining the profile ( figure 1-3) , the Del Grosso algorithm [23] is used to generate the sound speed profile from the climato-logical estimates of summer temperature and salinity along the transmission path.
Reference [6] shows that the Del Grosso algorithm predicts sound speeds that are in agreement with those derived through the Chen-Millero algorithm [24] near the ocean surface, but predicts sound speeds that differ significantly from those derived through the Chen-Millero algorithm at greater ocean depths. We compare a sound speed map initialized from the reference profile to the range averaged sound speed profile derived from CTD data of figure 1-3.
We generate ray traces through range-independent sound speed profiles usmg a computer code due to Bruce D. Cornuelle (private communication). The World Geodetic System 1984 (WGS84) reference ellipsoid [6] is used to compute the sourcereceiver distance. The ray traces are done in a Cartesian coordinate system obtained by performing the Earth flattening transformation [6] .
The sound speed profile is approximated as constant gradient horizontal layers, leading to ray paths that are circular arcs within the layers. The program computes geometric rays, and their travel times and amplitudes. Diffracted arrivals are not computed.
Chapter 4
Tomographic inversion
Forward problem linearization
In the geographical region in which our experiment was performed, sound speed changes produce much stronger changes in travel time than ocean currents do. Therefore, since only sound speed maps are of interest, modeling ocean currents as part of the noise in the forward model does not introduce significant error. Ocean currents are modeled as part of the noise here.
As stated previously, travel time perturbations are, in general, nonlinear in sound speed perturbation. As is standard practice, to linearize the problem, the overall sound speed, C , is written as the sum of a reference state, Co, and a perturbation, oc, The observed travel time contains errors due to acoustic noise. Reference [17] shows that the theoretical variance of the arrival time computed by a matched filter for a signal to noise ratio SJN 1 and bandwidth !:::..f (Hz) 2 is given by, (4.2)
For our experiment, CT6T ~ 4 (ms). Clock errors (~ 1 (ms)) also contribute to the uncertainty in the observed travel time.
The accuracy of ray tracing is limited by the fact that ray tracing is an infinite frequency approximation and, when its done in 2-D, further by the fact that horizontal refraction is not accounted for [1). For an 80 Hz signal and a range of 1000 km, the uncertainty in the reference travel time due the infinite frequency approximation is about 60 ms [25] . In the region of the SVLA experiment, the uncertainty in the reference travel time due to horizontal refraction, for a range of 1000 km, is about 2 ms [1).
1 S/ N is the ratio of the peak squared instantaneous output of the filter in the absence of noise, to the power of the filter output in the absence of the signal.
2 (6.!) is the "spread" of the signal spectrum, specifically, (6.!)
where E is the energy in the real signal s(t), fo its center frequency, and S(f) its spectrum. 
By dealing with each j term individually one sees how this equation is rewritten in matrix form. Defining,
More succinctly, the forward problem becomes 
Inversion
The travel time differences are inverted using Bruce Cornuelle's inversion routines which are capable of generating physical maps in three dimensions (26) . The inverse is based on the Gauss Markov theorem (20) However, Cornuelle's routines exploit the fact that the two components of rn, rna. 
A discussion of the estimate
Figure 4-1 shows a plot of the sound speed profile change estimate, its standard deviation. and the a priori standard deviation. Arrivals at three hydrophones, sparsely spaced along the array, were used in the inversion. The climatological profile discussed previously was used to initialize the inversion.
The estimate is much smaller than the standard deviation and is thus not statistically significant. We have reduced the standard deviation of the estimate slightly, however, as it is smaller than the a priori standard deviation.
The instrument position correction estimates and standard deviations are shown in by assigning the source the largest a priori standard deviation. The correction is significant in the x-coordinate as it is much larger than the corresponding standard deviation. Therefore, the distance between the source and the receivers is greater than the initial guess.
For a significant sound-speed profile estimate, arrivals at all the hydrophones for multiple transmissions a.nd/or more precise array navigation data are necessary.
Appendix A The Gauss Markov theorem
A proof of the Gauss Markov theorem [20] is outlined here for easy reference. Let 
